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A Call Jump System, Method & Apparatus 

The invention relates to a call jump and, more particularly, 
to a call jump system, method and apparatus for jumping an 
audio call to an audio/video (AV) network, particularly an 
Internet Protocol Network. 



in the field of packet oriented communication devices, what 
is lacking is the convenience for end users. Unlike in tra- 
ditional telephone communication where the user simply lifts 
a hand receiver, packet oriented communication offers a vari- 
ety of devices with which to access the packet network and to 
communicate with other users. Problematically, this is in- 
convenient for the end usr, who must decide which communica- 
tion form to use when initiating a call. 

These days, for example, more people are accessing email and 
instant messaging through personal computer (PC) based de- 
vices. Through PCs, the demand for extended video services, 
such as video conferencing has also increased. However, and 
while there is a growing need for these types of communica- 
tions, the biggest objection is that they require the use of 
the PC. In addition to the expense, the PC is normally not 
at hand, and typically not booted up, to be of any use. Not 
to mention that the PC must be installed with a specific, 
video communication application and special hardware. 

To resolve the problems presented by the PC, there have been 
proposed devices, such as the so-called videophone, that al- 
lows a user to establish a video conference call that sup- 
ports both audio and video information. It has been proposed 
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that a set top box c ould provide this capability. However, 
the previous solutions are still not very convenient trom a 
users point of view. Video conferencing requires the use of 
a special video capable device. Thus, the users are required 
5 to establish the phone call using the video conferencing de- 
vice . 

It has been proposed, for example, to use a video conference 
phone. It has also been proposed to employ a Set Top Box for 

10 this purpose, an electronic device that is connected to a 

communication channel, such as a phone, Integrated Services 
Digital Network (ISDN) or cable television line, and produces 
output on a conventional television screen. Set-top boxes 
are commonly used to receive and decode digital television 

15 broadcasts and to interface with the Internet through the 
user's television instead of a PC. 

However, it is still inconvenient to the user as he must 
break his normal routine of using standard telecommunications 
20 equipment. For each call, the user has to decide if he wants 
to use his normal telephone or the video phone. This is a 
great hurdle for the video phone industry to overcome as well 
as a real inconvenience to the users . 

25 It is also impractical for the business environment to in- 
stall a video conference phone at every work station. The 
set top box, as well, is practical only for home users. In 
the business context, it is not likely that the employer will 
provide a set top box, which is normally employed for watch- 

30 ing television transmissions. 

Further, it is typical that conference calls are conducted on 
the spur of the moment. This is simply impractical in the of- 
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fice setting. For another thing, the situation often arises 
that parties are in the midst of a normal telephone call, 
such as via Public Switched Telephone Network (PSTN) , and it 
is decided to initiate a vide conference. In this situation, 
it was heretofore not possible to then add video information. 

The typical situation is that two parties are already con- 
nected through a normal PSTN. The question arises how the 
parties can add video during the PSTN call. It is also not 
clear how the previous systems would extend their capability 
to other forms of video information, such as Voice over 
Internet Protocol (VoIP), as well as other media types. The 
question further arises how the parties are able to implement 
a seamless transition from the PSTN to an environment that 
supports the video information. 



Burkman et al . (US Patent 5,920,693) filed September 30, 
1997, describe an audio to video switchover in video 
conferencing. However, Burkman et al. do not describe how to 
jump from a standard telephone network to an Internet Proto- 
col (IP) network. Nor do they describe a means for handshak- 
ing between the standard telephone network and the IP net- 
work. Burkman et al . teach only switching from an audio 
channel of an Integrated Services Digital Network (ISDN) to a 
video channel of the ISDN (Col. 4, lines 4-14) . For this 
reason, Burkman et al . nowhere teach a handshaking means for 
switching between the standard telephone network and the IP 
network. The Burkman et al . solution is thus limited to the 
ISDN domain and is not able to, therefore, provide the same 
services as an IP network, such as VoIP and other media 
types . 
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Another difficulty i s that of dividing the bandwidth between 
audio and video information over an IP channel. When audio 
suddenly has to share bandwidth with video information, it 
becomes difficult to determine the optimum amount of band- 
5 width to allocate to each. The difficulty presented over an 
IP line is particularly troublesome. With a packetized net- 
work such as the IP, a significant portion of the bandwidth 
is dedicated to headers and information describing the iden- 
tity of the packet and its source and destination. 

10 

Heretofore, there is no means by which a PSTN call can seam- 
lessly implement video inf ormation in a convenient manner. 
The systems of heretofore do not allow users to communicate 
using their known devices, particularly the PSTN telephone, 
15 nor do they offer a means to add video capabilities to the 

already established call. What is more, at least one of the 
previous methods does not provide handshaking between the 
standard network and the IP network. 

20 What is needed, therefore, is to allow users to communicate 
using their known devices, particularly the PSTN telephone, 
and offer additionally a convenient manner to add video capa- 
bility. What is needed is a device that provides the conven- 
ience equipment that the user is accustomed to a such as 

25 those found in the common living room. This should be done 
without inconveniencing the user with a special video 
conferencing phone. The goal is to seamlessly transition a 
call to implement the exchange of video information. What is 
needed is a mechanism of the present invention for enabling 

30 easy-to-use standard communication equipment which connect 
through the traditional telephone network that establishes 
the video communication over an IP connection. 
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An objective of the present invention is to allow users to 
communicate using their known devices. 

An objective of the present invention is to allow users to 
communicate using the PSTN telephone. 

An objective of the present invention is to offer a conven- 
ient manner to add video capability. 

An objective of the present invention is to provide conven- 
ient equipment that the user is accustomed to. 

An objective of the present invention is to provide video 
conferencing using T.V. 

An objective of the present invention is to not inconvenience 
the user with a special video conferencing phone. 

An objective of the present invention is to seamlessly tran- 
sition a call to implement the exchange of video information. 

An objective of the present invention is to provide a proto- 
col of for enabling easy-to-use standard communication equip- 
ment . 



An objective of the present invention is to connect through 
the traditional telephone network that establishes the video 
communication over an IP connection. 



In accordance with these and other objectives, there is pro- 
vided a method for performing a call jump from a call estab- 
lished using a traditional telephone carrier to a video car- 
rying call. A traditional telephone call is established with 
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audio sig nals . It is determined that video should be added 
to the oall. A packetized network is connected to. ine 
audio and video are transmitted over the packetized network. 

in another aspect of the invention, a call jump system is 
provided for Jumping a call established over a traditional 
telephone carrier to a packetized network. There is provxded 
standard telephone equipment. A video enabled device is ca- 
pable of rerouting the audio selectively to either the tradi- 
tional telephone carrier or the packetized network. A pack- 
etizer packetizes the audio signals from the standard tele- 
phone equipment and the video. 

The invention shall be described with reference to the fol- 
lowing figures which are merely examples of the embodiments 
of the invention. 



Figure 1 is a 
vent ion; 



block diagram of the system of the present in 



Figure 2 is a pictorial representation of the band divided 
into audio and video information of the present invention; 

Figure 3 is a block diagram illustrating an alternate connec- 
25 tion for the audio and combined audio and video; and 

Figure 4 is a flow diagram of the process flow of the present 
invention. 

30 Figure 5 is a flow diagram of the process flow for the proto- 
col of the present invention. 
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In Figure 1, there is shown the exemplary system 100, wherein 
a user 102 initiates a telephone call to another user 104 who 
is connected to a traditional telephonic network, such as 
POTS. Of course, the user 104 may be connected to other net- 
works as well . 



The caller 102 initiates an audio call via the standard tele- 
phone hand set shown. Normally, the audio call is switched 
via the POTS switching network through a Digital Line Unit 
(DLU) 106 coupled to an Electronic Worldwide Switch Digital 
(EWSD) 108 on the caller side and another EWSD 110 and an- 
other DLU 112 on the receiver side of the POTS network as in- 
dicated by the arrow 116. 



In the invention, there is provided a video source, such as a 
set top box 118, which may be coupled to a T.V. 120, for the 
purpose of capturing the video image of the user 102 at the 
caller side. There may be provided another video capture de- 
vice, such as a video phone 122 or a video enabled Personal 
Computer (PC) 124. 

In order to couple the video source and the standard tele- 
phone equipment to the audio and A/V network, the invention 
provides a multiplexor 126. The telephone output is shown in 
the figure to be configured through the set top box and then 
fed into the splitter 128. The video information, or data, 
is generated by the video source and shown in the figure to 
be sent to the multiplexor 126. As will be explained later, 
the multiplexor 126 builds, such as packetizing, the data 
stream for optimal transmission over IP network. 

As shown in the figure, the set top box 118 of the invention 
controls the splitter 128. in the exemplary invention, the 
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set top box switches the splitter according to either the 
audio or A/V modes. 

The audio or A/V data is then forwarded to a gateway 130, a 
network point that acts as an entrance to another network. A 
splitter 132 , at the control of the gateway 130, redirects 
the data stream to either the POTS network 114 or the router 
134 of the IP network 136. The router 134 determines the 
next network point to which a packet should be forwarded to- 
ward its destination. The router 134 decides which way to 
send each information packet based on its current understand- 
ing of the state of the networks it is connected to. 

On the other side of the network 136, another router 138 for 
routing the packets to the appropriate sub-network of the re- 
ceiving side* A splitter 140, forwards either the packets from 
the router 138 or, alternatively, the audio data from the 
POTS network 114. Gateway 142 receives either the audio or 
A/V information from the splitter 140 and forwards the same 
to the receiving side sub-network where another splitter 144 
redirects the audio data to standard telephone equipment 104 
or the A/V packets to a demultiplexer 146 that depacketizes 
the packets. The video information is reassembled and dis- 
played by a video display device, such as the T.V. 148 shown. 

Switching control of the IP network may be controlled by a 
switch, such as the soft switch 150 shown that has control 
connections the gateways 130 and 142, and the IP network 136 • 
In addition, the switch is connected as shown in the exem- 
plary figure to the video source 118 which exchanges informa- 
tion, in a protocol such as SIP/NCS/H. 323 , to indicate to the 
switch 150 when A/V information is to be transmitted. The 
switch 150 may also be connected to data servers through a 
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suitable protocol, such as SIP or MGCP. These data servers 
may 152 include conferencing information and applications or 
MMS applications, for example. The switch 150 may be coupled 
to other networks 154, for example, such as the SS7 network 
shown. Further, the switch 150 may be connected to other 
switches 156 through an, for example, an SIP / SIP-T proto- 
col . 



Of course, the video capable network may be other than an IP 
network. It may be, for example, any type of packetized net- 
work, such as Ethernet. 

In operation, the user 102 initiates an audio call 116. The 
standard telephone equipment generates the audio signals, 
which are channeled through the set top box 118 and then re- 
layed to the splitter. The gateway 130 takes the audio sig- 
nals and, by control of the splitter 132, redirects the audio 
signal to the network 114, such as a POTS, where it is han- 
dled by the DLUs and EWSD devices. The network 114 may be 
the traditional POTS network, for example. On the receiving 
side, the splitter 140 and gateway 142 receive the audio sig- 
nal and forward the same to the splitter 144 where it is re- 
directed to the telephone equipment of the receiving user 
104 . 



When the user 102, for example, comes up with the idea to 
initiate a video conference, he needs only to activate the 
video capability from his standard telephone equipment. In 
response, the video source 118 activates the video capabil- 
ity, in the exemplary embodiment shown, the video captured 
of the user 102 is fed back to a display 120 at the user 102 
side and optionally displayed. In any event, the video 
source directs the video to the multiplexor 126 which pack- 
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etizes the video signal and the splitter 128 merges the video 
and audio signals together into a combined real time IF 
stream. The IP stream is transmitted via the gateway 13 0, 
the splitter 132 and the router 134 through the IP network 
136 as indicated generally by the reference numeral 158. On 
the receiving side, the A/V signal is directed by the router 
138 the splitter 140, and the gateway 142 and decoded by the 
splitter 144 and multiplexor 146. Whereupon the audio is 
parsed and sent to the telephone of the user 104 and the 
video is directed to the video display 148 for visual dis- 
play, in the exemplary embodiment, the audio remains trans- 
mitted over the standard telephone equipment. 

As indicated, the video source 118 may be a set top box 
(STB) , which in the context of this application is defined as 
an electronic device that is connected to a communication 
channel, such as a phone, Integrated Services Digital Network 
(ISDN) or cable television line, and produces output on a 
conventional television screen. In addition the set top box 
includes the capability to receive and decode digital televi- 
sion broadcasts and to interface with the Internet through 
the user's television instead of a PC. Set-top boxes, as 
herein discussed, shall apply not only to the simplest device 
that receives and unscrambles incoming television signals but 
also to the more complex that will also function as multime- 
dia desktop computers that can run a variety of advanced 
services such as video conferencing, home networking, Inter- 
net Protocol (IP) telephony, Video on-Demand (VoD) and high- 
speed Internet TV services. 

) 

The invention is also directed to determining an optimal ar- 
rangement for transmitting a combine A/V signal through a 
packetized network. As already mentioned, dividing the band- 
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width between audio and video information over an IP channel 
is difficult. Audio has to share the bandwidth with video 
information, and it becomes difficult to determine the opti- 
mum amount of bandwidth to allocate. On an IP line, a pack- 
etized network such as the IP, a significant portion of the 
bandwidth is dedicated to headers and information 
the identity of the packet and its source and destination. 

In addition, it shall be appreciated that the network carri- 
ers are constrained, either intentionally to save costs or 
physically, to narrower bandwidths than that capable. Per- 
haps, some networks are older than others, such as can occur 
if the network exists in another country. Further, the up 
stream and down stream bandwidths are not always symmetrical, 
meaning that an up link may have a smaller bandwidth than 
down stream. And, hence the invention takes these factors 
into account in formulating the optimum IP stream format. 

As shown in Figure 2, the bandwidth available shown is ap- 
proximately 700 Kbps, although the theoretical Kbps is actu- 
ally much higher. Thus, the audio and video signals are sepa- 
rated into Time Division Multiplex (TDM) channels. The audio 
is coded according to the G.711 / 723 / 729 protocols and the 
video according to the H.263 / MPEG-4 protocol. Ideally, the 
invention could provide an upstream DSL line may provide 768 
Kbps for the video signal and the downstream signal may offer 
1500 Kbps. For a bi-directional line, the invention provides 
384 Kbps, for example. 

Figure 3 illustrates a variation 300 on the system shown in 
Figure 1. Similar features are shown with the same reference 
numerals. In this example, the audio call 116 is channeled 
through the POTS network 114 to the gateway 302, which is 
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coupled to a PSTN 3GPP network 304. The network 304 may sup- 
port mobile phone services, for example. A gateway 306 is 
further provided that is capable of coupling to the 3GPP net- 
work 304 such that the A/V stream 158 is coupled to the 3GPP 
5 network 304. 

Now, the method of the present invention shall now be dis- 
cussed in reference to Figures 4 and 5. While the invention 
is discussed in terms of process steps, it is intended that 
10 the foregoing method be implemented as a protocol for per- 
forming a call jump to a carrier network capable of carrying 
video signals, such as the IP network heretofore mentioned. 

In general, the invention comprises the steps shown in Figure 
15 4A. In step 402, the video device recognizes an established 
call, such as from the traditional PSTN network. In step 
404, the destination number is stored. It is then recognized 
in step 406 that video is to be added to the call. At this 
time, the existing call is transferred seamlessly to the data 
20 network. In the exemplary embodiment, the audio remains 

transmitted over the standard telephone equipment . In step 
408, the A/V data is handled transparent to the user. In 
step 410, which represents a variant on the main theme, other 
media can be added to the call . This may include software 
25 related data, such as gaming data for applying on-line games 
to the A/V signal 

Now with respect to Figure 5, there is shown the process for 
establishing the call jump. In step 500, a party A, such as 
30 the user 102 (Figure 1) calls party B using a normal or tra- 
ditional telephone system, such as PSTN, and a normal tele- 
phone connection is established according to the known stan- 
dard telephone call connection procedures. The video source 
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(118 , Figure 1) on the party A side recognizes and stores the 
destination phone number in step 502 . 

At this time, the telephone call acts like a normal call. 
The parties A & B communicate via the standard telephone net- 
work using the standard telephone equipment. If it occurs 
that the parties terminate the call, such as in step 504, the 
video source 12 0 takes no action and the destination number 
is ignored. In the Figure 1 it is shown that the standard 
telephone equipment is coupled through the video source 120. 
As mentioned earlier, the video source 120 forwards the audio 
signal in this case to the splitter 128. 

In the case that either party comes up with the idea suddenly 
to add video to their call, such as a video conference or 
video gaming, the invention triggers the call jump procedure 
in step 506. In one aspect of the invention this is trig- 
gered by activation of the user, such as by button or voice 
activation. The button may be, for example, a button already 
existing with the standard telephone equipment or standard 
numeric keypad, such as the # key. The # key is suitable be- 
cause it is not normally used during a phone call. Other 
keys that are not normally used during the call are similarly 
suitable. In step 508, the corresponding video source recog- 
nizes the trigger and initiates the steps necessary for per- 
forming the all jump. 

In step 510, the video source, for example referenced element 
120 (Figure 1) , sends an activating signal to the other end, 
where another video source may be located. This may be done 
through the already established POTS telephone call, for ex- 
ample. In step 512, both video enabled devices prepare for 
the call jump by establishing a connection to the network 
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n^. which is a packetized network in the exemplary embodx- 
m ent. Advantageously, this saves resources on the data net- 
work side as the video sources do not have to be online all 
the time. Thus, it is sufficient to connect on-demand. This 
is clearly an advantage over to the video communication solu- 
tions discussed above, which are reachable only if they are 



onl ine . 



in step 514, the video enabled devices each register them- 
selves with the network 136 at a call handling server. For 
an IP network, the video enabled devices send a REGISTER mes- 
sage to an H.323 gatekeeper, a SIP proxy or another call han- 
dling server. In step 516, the video enabled devices estab- 
lish the data call using the known IP network rules for es- 
tablishing a call, for example. This may be done from either 
side but it is exemplary to establish the call from the 
party A side, so that the original caller may be charged for 
additional services or added call features. 

As soon as the data connection between the video enabled de- 
vices is established, the video enabled devices transfer the 
audio to VoIP. As shown, the original audio signals are re- 
routed to the multiplexor in step 518, which packetizes the 
audio along with the video in step 520, for transmission 
through the IP network in step 522 via the gateways and 
routers 130, 134, 138, 142. In one aspect of the invention, 
the original audio call 116 is terminated in step 524, which 
is not necessary, but may save resources and telephone 



0 



Thus, the invention provides a seamless jump from a tradi- 
tional telephone network to a video capable network, such as 
a packetized network. Ideally, the users are unaware of the 
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jump, other than perhaps a low * click' caused by the switch- 
ing. Thus, the users communicate using their known devices, 
particularly the PSTN telephone, and offer additionally a 
convenient manner to add video capability. There is provided 
5 a device that provides the convenience equipment that the 
user is accustomed to a such as those found in the common 
living room. This is done without inconveniencing the user 
with a special video conferencing phone. The invention seam- 
lessly transitions a call to implement the exchange of video 
10 information. There is provided a protocol of the present in- 
vention for enabling easy-to-use standard communication 
equipment which connect through the traditional telephone 
network that establishes the video communication over video 
enabled carrier, such as an IP connection. 



15 



While the present invention has been described with respect 
to the foregoing detailed description, it shall be understood 
that other embodiments and modifications to the invention are 
still within the scope of the invention. 



200315084 



Claims : 



EPO - Munich 
79 

16 3 0. Sep. 2003 



1. A method for performing a call jump from a call estab- 
lished using a traditional telephone carrier to a video car- 
rying call, comprising the steps of: 

establishing a traditional telephone call with audio signals, 
determining that video should be added to the call; 
connecting to a packet i zed network; and 

transmitting the audio and video over the packet ized network. 

2. The method of any of the preceding claims, further com- 
prising the step of packetizing the audio signals and the 
video signals . 

3. The method of any of the preceding claims, further com- 
prising the step of optimizing audio and video bandwidth. 

4. The method of any of the preceding claims, further com- 
prising the step of the video device recognizes an estab- 
lished call. 



5. The method of any of the preceding claims, further com- 
prising the step of the destination number is stored. 



6. The method of any of the preceding claims, further com- 
prising the step of recognizing that video is to be added to 



the call 
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7. The method of any of the preceding claims, further com- 
prising the step of video enabled devices estafclxsn a connect 
tion. 

8. The method of any of the preceding claims, further com- 
prising the step of the video enabled devices register. 

9. A call jump system for jumping a call established over a 
traditional telephone carrier to a packetized network, com- 
prising: 

standard telephone equipment; 

a video enabled device capable of rerouting the audio selec- 
tively to either the traditional telephone carrier or the 
packetized network; and 

a packetizer for packeting the audio signals from the stan- 
dard telephone equipment and the video. 

10. The system of claim 9, further comprising gateway means 
for coupling the packetized audio and video signals to either 
the traditional telephone carrier or the packetized network. 

11. The system of any of the preceding claims 9-10, further 
comprising a router for routing the audio and video pack- 
etized signals through the packetized network to a receiving 
side . 

12. The system of any of the preceding claims 9-11, wherein 
the video enabled device is a set top box. 
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13. The system of any of the preceding claims 9-12, wherein 
the video enabled device is a video phone. 



14. The system of any of the preceding claims 9-13, wherein 
5 the video enabled device is a video enabled PC. 

15. The system of any of the preceding claims 9-14, wherein 
the packet i zed network is a IP network. 
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A call jump establishes a jump from a call of a traditional 
telephone carrier established with audio signals. When it i* 
determined that video should be added to the call, a pack- 
etized network is connected. The audio and video are trans- 
mitted over the packetized network. There is provided stan- 
dard telephone equipment. A video enabled device is capable 
of rerouting the audio selectively to either the traditional 
telephone carrier or the packetized network. A packetizer 
packetizes the audio signals from the standard telephone 
equipment and the video. 

[Fig. 1] 
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402, the video device recognizes an established call 




404, the destination number is stored 




406 recognized that video is to be added to the call 




408 



the A/V data is handled transparent to the user 




410 other media can be added to the call 
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500 party A calls party B 
502 party A side recognizes and stores the destination 




504 parties terminate the call 




506 triggers the call jump procedure 
508 video source recognizes the trigger 
510 video source sends an activating signal 
512 video enabled devices establish a connection 




514 the video enabled devices register 




516 video enabled devices establish the data call 




518 video enabled devices reroute audio signals 




520 transmission through the IP network 
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522 transmission through the routers and gateways 




524 the original audio call is terminated 
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